This paper presents two types of techniques suitable for rate reduction transcoding for wireless video streaming applications. We begin this paper by reviewing existing approaches and addressing several issues related to transcoding. Next, we describe the fint type of transcoding based on intra refresh architecture for spatial resolution reduction.
INTRODUCTION
Wireless video streaming has attracted more and more attention because of the advances in both video coding and wireless communication infrastructure. Unlike text or images, video sequences typically have huge volume in data size. For example. a common TV resolution RGB video (576 x 720 pixels) with 30 framedsecond requires about 300 Mbps of bandwidth. It is clear that digital video data, in its original format, are too voluminous for transmission over wireless channels. A great amount of compression is needed in order to fit the bandwidth of a wireless channel. In case of video streaming over wireless channels, video sequences are often encoded in advance and stored in the server. Users can access the server through various wireless access networks.
In general, the video server is intended for both wired and wireless users. Since different users will have different capability in video decoding and display, a single copy of the encoded video will not satisfy the all types of users. To resolve the mismatch among different user profiles, there are generally three types of solutions. The first and most straightfaward one is to store many bitstreams for one video sequence. where each bitstream is coded with different formats or at different bit rates. When a user requests to access the video sequence, the server can send the bitstream which is closest to the user's requirements. However. this method is rarely used because the storage costs in the video server are tremendous and the chosen bitstream may not even satisfy the user's requirement exactly. The second solution is to apply multiresolution or scalable coding such as MPEG-
. This solves the problem of diverse user profiles. However, an obvious disadvantage of FGS coding is that the degradation becomes significant when the base layer is coded at low bit rate. The third solution is to apply transcoding at the edge of the access network. In this case, for each video sequence, only one bitstream coded at high quality is stored in the video server. When a user requests an access to a video sequence, real-time video transcoding is performed so that the transcoded bitstream can match the user's requirement. Since video transcoding does not require extra storage spaces and is very flexible. it has been widely adopted in practical video streaming applications.
In this paper, we focus on rate-reduction transcoding. Two types of rate-reduction coding techniques are studied. The first type is based on standard coding schemes, and specifically considers transcoding from MPEG-2 to MPEG-4 with a reduced spatial resolution. A method for drift compensation based on an intra-refresh technique is also presented. The second type of scheme is a rate-reduction transcoder that makes use of frame-level R-D information that has already been extracted at the server before transmission. Both of these schemes represent simplified alternatives to pixel-domain transcoding and maintain comparable quality to this reference.
The remainder of this paper is organized as follows. The next section discusses existing transcoding approaches and major issues related to wireless video streaming. Sections 3 and 4 provide a brief overview of the two transcoding schemes mentioned above. Finally, concluding remarks and future directions are discussed in Section 5. With regard to wireless video streaming of stored content. there are generally two major issues to consider: the adaptation of the content and the robustness of the transmission. These issues are further elaborated below.
EXISTING APPROACHES AND ISSUES
While the basic engine used to transcode from one bitstream to another is a key aspect of the adaptation, and has been the major focus of attention in recent years, one must also consider a complete description of the usage environment to which the content is delivered to. The usage environment includes a description of terminal capabilities, network conditions. as well as any preferences of the user and the natural environment in which a user is located. It becomes an important problem to map these descriptions to input parameters of the transcoding engine. Recently, MPEG initiated a work item to standardize these descriptions and specify tools to assist in this mapping [9] . As an example, assume the available bandwidth and error characteristics of the network, along with display constraints, battery power and processing speed of the terminal are known, the server must decide the optimal transcoding strategy for content delivery. It should be noted that these issues have a strong tie to the robustness of the transmission as well.
Robust video transmission can be considered at various levels. Error resilience features may be built into the coding scheme itself and bits used for error control coding may added before transmission. Typical error resilience features for coding include the use of resynchronization markers to recover from decoding errors [lo] and intra-coded blocks to minimize error propagation [ l l ] . For error control coding before transmission, block codes are typically used to recover from channel errors. A simple bit allocation can be written as: P,(r,BER) <Threshold (1) where P. denotes the probability that a channel block of N symbols can correctly be decoded by channel decoding.
In the following sections. we describe transcoding techniques for wireless video streaming that consider the above two issues. be an MPEG-2 MP@ML bitstream. which is the common format for DTV broadcast and DVD. while the output is an MPEG-4 bitstream at CIF resolution, which is a suitable for consumption on mobile devices. In this section, we emphasize the use intra-coded block to combat drift errors that result from the transcoding scheme itself. However, as indicated in the previous section. this technique can also be used to overcome the propagation of errors due to channel losses.
In reduced resolution transcoding. drift error is caused by many factors, such as requantization. motion vector truncation and down-sampling. Such errors can only propagate through inter-coded blocks. By converting some percentage of inter-coded blocks to intra-coded blocks, drift propagation can be controlled. In the past, the concept of intrarefresh has successfully been applied to error-resilience coding schemes 1111, and we have found that the same principle is also very useful for reducing the drift in a transcoder 11 21.
The intra-refresh architecture for spatial resolution reduction is illustrated in Figure 1 . In this scheme, output macroblocks are subject to a DCT-domain down-conversion, requantization and variable-length coding. Output macroblocks are either derived directly from the input bitstream. i.e., after variable-length decoding and inverse quantization. or retrieved from the frame store and subject to a DCT operation. Output blocks that originate from the frame store are independent of other data. hence coded as intra blocks; there is no picture drift associated with these blocks.
The decision to code an intra-block from the frame store depends on the macroblock coding modes and picture statistics. In a first case based on the coding mode, an output macroblock corresponds to four input macroblocks for size conversion by a factor of two in each direction. Since all sub-blocks must be coded with the same mode, the transcoder must avoid having mixed-blocks, i.e., inter-coded and intracoded sub-blocks in the same output macroblock. This is detected by the mixed-block processor, which will trigger the output macroblock to be intra-coded. In a second case based on picture statistics, the motion vector and residual This section discusses a low-complexity scheme for transcod-data are used to detect blocks that are likely to contribute to larger drift error. For this case, picture quality can be maining to a lower spatial resolution. We consider the input to tained by employing an intra-coded block in its place. Of course, the increase in the number of intra-blocks must be compensated for by the rate control.
Theoretically, the effect of intra-refresh can be characterized by the operational R-D function D(p, R), which expresses the average distortion D as a function of the average bit-rate, R, and intra-refresh rate. p. We have observed that large drift error is a consequence of inter-coded blocks with large residue energy or motion activity. Therefore. if the sum of residue energy or the sum of motion vector variance for the group of four macroblocks is larger than their respective thresholds. the output macroblock should be intracoded. These thresholds are dynamically adjusted according to the target bit rate and desired quality.
To cope with errors introduced by the channel, the above rate control technique may be further modified to control the intra-refresh rate. To accomplish this, a model for error propagation. such as the one presented in [IO] would be needed to map the channel conditions to characteristics of the coding scheme and transcoder operation.
R-D OPTIMIZED TRANSCODING
For wireless video streaming, the mobile user often access to the video sources that have been pre-encoded. For such applications, the off-line video encoding is often adopted and the multi-pass encoding can be employed.
In this case, it is possible to optimally allocate bits among the video frames based on the rate-distortion functions of all video frames. Previous studies [I31 have shown that the video feature information. including R-D function and scene change information, can be used in the second pass to achieve higher quality video in terms of both PSNR and PSNR flunctuations. In the design of transcoder for wireless video streaming, since the feature information can also be made available to the transcoder, a similar optimal bit allocation can be designed 1141 so that the video transcoded at a reduced rate achieves highest possible video quality. To accomplish this goal with all the constriants in wireless video streaming. innovative schemes are needed to address the transcoder architecture suitable for wireless applications. the rate control algorithm for optimal bit allocation. and the adptive scheme to match the time-varying wireless channels.
Low-Complexity Transcoding Architecture
Since transcoding is usually performed at real-time, it is desired to have a low complexity transcoder. A common transcoder is a decoder followed by an encoder. Such an transcoding architecture is too complicate for practical use. We observed that using original frames for motion estimation (ME) while still using reconstructed frames for motion compensation (MC) will only cause little performance degradation and have no drift problem. We can simplify the traditional transcoder architecture based such observations.
Through some mathematic manipulation. we are able to further reduce the transcoding complexity. Essentially, after architecture simplification, there is no need to generate and store the reconstructed frames. The simplified transcoding system will have only one memory and only one MC unit are needed. Details of the this simplification can be found in 1151.
High-Performance Rate Control transcoding can be represented as
In the case of rate control, the task for rate-reduction
where e is the coding rate for original video bitstreams and R. is the new coding rate. Since the feature information of original video sequences has already been generated in the server, we can use this feature information for transcoding. Although the feature information of the reconstructed video may be different from that of the original video, pre-generated feature information can still be very useful to guide the optimal bit allocation as the transcoding is typically required to be performed at real-time. In addition. if the original video is coded at high quality, the difference is considered very small. Therefore, we can use the same rate control algorithm proposed in [I31 to optimally allocate bits among frames under new bandwidth constraints.
Smart Frame Dropping Control
Frame dropping is necessary in the very low channel bandwidth cases since the rate adjustable range by changing quantization parameters of each frame is limited. Generally speaking, optimal frame dropping control involves two problems: (I) when we should drop a frame and (2) where to drop a frame.
Because the feature information of all the frames is available, it is possible to select an unimportant frame out of the remaining frames instead of directly dropping the current frame. In this work, we use the target bit rate Rf to determine the importance of a frame i. We consider that a frame with larger target bit rate is more important than a frame with smaller target bit rate. The proposed frame dropping control can greatly reduce the number of skipped frames and hence achieve the better overall performance.
Channel Adaptive Wireless Video Streaming
Although the proposed rate control scheme can achieve good performance for static channel models. wireless chan-1-31 nels are usually time-varying. It is desired that the video coding rate can be adaptively adjusted. In such a case, the static channel model is not appropriate any more. In the case of slow fading channels, we assume the channel conditions can be available to the video encoder through channel feedbacks and channel estimation. Such a wireless channel can be considered as a piece-wise static channels. Therefore, we can apply the previous proposed rate control scheme with small slide window size for adaptive wireless video streaming.
We have conducted experiments to show the performance of transmitting sample video over the time-varying channel. The proposed scheme is based on the combination of the adaptive HIST scheme with the optimal frame-level bit allocation and the smart frame dropping control. Comparing with the non-adaptive HIST scheme, the proposed scheme results in no skipped frames and can accurately match the number of encoding bits to the available channel bandwidth.
CONCLUSIONS
We have presented two types of transcoder suitable for wireless video streaming. The first type of transcoder is based intra refresh architecture and is able to offer robust transcoding from MPEG-2 format to reduced spatial resolution MPEG-4 format. The second type of transcoder is based R-D function of the pre-encoded video and is suitable for a variety of transcoding tasks because of its simplified architecture, its high performance rate control. smart frame dropping, and channel adaptive streaming strategy. We strongly believe that transcoding is necessary at the interface between wired network and wireless network because it can facilitate the required reduction in bit rate, spatial resolution. and computational complexity, as well as required enhancement in error robustness.
